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The VCV-Rack - The sound
synthesis

What is it all about?

The following topics are discussed in this chapter.

e What means sound synthesis?

e What is additive sound synthesis?

e What is subtractive sound synthesis?
e What are harmonics?

As announced in the last chapter, we will now move on to sound synthesis. Here the already mentioned
harmonics play a decisive role. There are two basic approaches to creating and shaping a sound or
waveform the way you want it. The starting point is actually two waveforms that have a more or less
wide spectrum in terms of harmonics. We can say, for example, that a generated sound has a certain
fundamental tone and this is then enriched with more or less other frequencies, which makes up the
overtones and makes this sound characteristic and unique. To generate sounds, there is a simple and a
more complex way, which | would like to address at. There are many other methods besides the ones
mentioned here, but they are not the subject of this chapter or book. So | will first start with the complex
procedure and then switch to the simpler one. Because of the already mentioned problem with the
standard VCO, which at the moment is not able to offer a digital procedure for the generation of the
waveforms, | use a VCO of a third-party supplier. It's called Bogaudio and has already been mentioned
as providing the spectrum analyzer. For safety here again the link.

Hyperlink!

https://library.vcvrack.com/?brand=Bogaudio



https://library.vcvrack.com/?brand=Bogaudio

The additive sound synthesis

As the name suggests, additive sound synthesis involves adding something to a specific sound. The
starting point is a certain waveform that only has a fundamental and no harmonics. We are talking here
about the already known sine wave. Concerning the additive sound synthesis a well-known French
researcher, who was a mathematician and physicist, found out something, which was already briefly
mentioned in the previous chapter. Jean Baptiste Joseph Fourier said that any waveform can be
generated as a sum of different sinusoidal oscillations. Smallest changes of added partial oscillations can
contribute to a fundamental change in the waveform. The disadvantage that exists with additive sound
synthesis, however, is the fact that increasingly complex sounds also require considerably more
sinusoidal oscillations, which can degenerate into a large and almost unmanageable amount of work.
Only by using computers with the provision of a more or less high number of oscillators can a satisfactory
result be achieved, because in addition to an oscillator, components such as VCAs, ADSRs or various
VCFs are needed. Let's take a closer look at the basics of additive sound synthesis.

The sine wave

The oscillator used in this chapter is called - who would believe it - VCO and looks like this. It has the
known four outputs of the basic waveforms.
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Abbildung1  The VCO from Bogaudio

Now to the actual topic. Here again the sine wave with its frequency spectrum. In this case the VCO is
set to a frequency of 1000Hz and in the spectrum at the position of 1K (1KHz=1000Hz) a deflection -
called peak for short - can be seen.
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Abbildung 2  The sine wave with the frequency spectrum

So if we take this frequency spectrum as the starting point for sound synthesis, we would simply have to
add a few more harmonics to the right of it, and the result would be new waveforms. Of course, these
harmonics must be placed at very specific points in the frequency range, and the respective amplitudes
should also have a certain magnitude and be in a certain relationship to each other. This is where the so-

called harmonics come into play.

What are harmonics?

In technology, a harmonic is a harmonic oscillation whose frequency is an integer multiple of a certain
fundamental frequency, whereby a harmonic above the fundamental frequency is also called a

harmonic or overtone.

The 1st harmonic is equal to the frequency f of the fundamental, the 2nd harmonic has twice the
frequency 2f and so on and so forth. On the following figure some oscillations can be seen.
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Abbildung3  Harmonics

Each of the waveforms to be created is based on a certain generation pattern, taking into account the
following parameters.

e  Overtone spectrum (harmonics)
e  Amplitude damping

The sound synthesis for a square wave signal

As an example for an additive sound synthesis a square wave shall be created. Now the fundamental
frequency or the 1st harmonic must be enriched with further harmonics. But how do we get there without
endless trial and error driving us mad? Of course there is a mathematically founded solution, whose
derivation shall not be in the focus here. A square wave is generated via additive sound synthesis by
adding an infinite number of sine waves of harmonics 1, 3, 5, 7, 9, etc. with certain amplitudes, but this
is firstly not necessary and secondly impossible to realize. Is it possible to reproduce this with the VCV
rack? Stupid question! Of course it is possible and we will have a closer look after the following formula.
First it should be clear how the individual harmonics overlap and what has to be taken into account. The
formula shows us that the frequency spectrum of a symmetrical square wave signal is composed of odd
harmonics, where amplitudes of the harmonics decrease with increasing frequency and the divisor
corresponds to the respective harmonic. Here the formula letter A stands for a certain amplitude and the
formula for the circular frequency omega is » = 2xf.

ft)=4 [sin(wt) + %sin(3wt) + %sin(Swt) + ;sin(7wt) +...

The generation pattern is as follows for a square wave signal: (n = index of harmonics)

e  Overtone spectrum: all odd harmonics
e  Amplitude damping: 1/n



Finally, the four sine waves and the resulting waveform look like this.

Result of additive sound synthesis (idealized)
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Abbildung4  The additive sound synthesis with four sine waves

So we need four VCO modules that send their sine oscillations to the mixer module, for example, and of
course we still need the scope module and a spectrum analyzer. However, there is one crucial point to
keep in mind when we take another look at the four sine oscillations.

A small decisive hint on the side!

All oscillators used must be synchronized with the first oscillator, which provides the fundamental
(1st harmonic).

Each oscillator has its own frequency and starts its oscillation period or phase independently of the other
oscillators. If they didn't all start at the same time, we could stop using additive sound synthesis, because
it would be a wild mess of oscillators oscillating somehow with different phase shifts. Before we move
on to the VCV rack patch, let's take a look at the square wave signal in the spectrum analyzer and see if
I haven't said anything stupid about the harmonics and amplitudes. The following figure shows only the
range that is important for us, which normally extends much further to the right. The fundamental
frequency of the first oscillator was set to 100Hz.



Abbildung5  The section of a rectangular signal spectrum

It is wonderful to see that all harmonics correspond to the specifications of the formula shown, bearing
in mind that this is a logarithmic scaling and the attenuation is given in dB. Now let's get down to
business and set up the patch with the four oscillators and give them the above frequencies.
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Abbildung 6  The formation of a square wave signal

In the Scope module, you can see a waveform that suggests a square wave signal. What is wrong here?
Correct! The amplitudes have not yet been adjusted in the VCA MIX module, as the formula dictates.
Now there is a small problem here, because the sliders of the individual input channels cannot be used
to specify ratios such as 1/2, 1/3 or 1/4 of the signal strength. In this case, the information must be given
in decibels. Decibels? That may sound like something you've somehow heard before and yet not quite
understood! | do not take myself out there.



What means decibel?

When it comes to loudness or a noise level, the term decibel is used again and again, which is
abbreviated with the two letters dB, whereby the decibel scale is logarithmic. However, decibel is not
a measure of an existing volume, but compares two values with each other. The unchanged signal is
assigned 0dB, which means that there is neither an increase nor a decrease in the noise level. The
theory says that with +6dB there is a doubling of the sound pressure, which does not necessarily
correspond to a doubling of the volume. In contrast, with -6dB you would have a halving of the sound
pressure.

Back to our plan to convert the ratios into corresponding dB values. But of course there is a fancy formula
that is helpful for this and reads as follows.

A= 20-log,o(Ratio)

Assuming a ratio of 1/2, i.e. 50%, we now have to determine the corresponding value in decibels. This
would look as follows.

1
20 -logqg (E) = —6.02dB

So an attenuation of a signal by 50% corresponds to an attenuation by -6dB. In this way we can now
convert the ratio values for a square waveform into dB.

Ratio dB

11 0dB

1/3 -9,54dB
1/5 -13,98dB
1/7 -16,9dB

I now entered these values into the channel attenuation of the individual mixer channels and the
waveform already looks very much like a square wave signal. The more oscillators would be used, the
less the interfering waves would appear.
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Abbildung 7 The corrected amplitudes of the four sinusoidal oscillations

Also in the spectrum analyzer you can see that the amplitudes of the harmonics have now adjusted
according to the decibel values. On the following website, in addition to the VCV Rack, you can
experiment a bit with additive sound synthesis and see how the waveform changes.

Hyperlink!

https://meettechniek.info/additional/additive-synthesis.html

There you will find a waveform generator that can be used to simulate what I just told you with multiple
input signals. On the following figure you can see that | made a rudimentary setting for the odd
harmonics.
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Abbildung 8  The additive synthesis with the waveform generator for a square wave signal

By using the sliders H1 (fundamental), H3, H5, H7, H9 and H11 | have synthesized a square wave - well
not quite. I advise playing a little with the amplitude values here to see how it affects the waveform.
Let's look at another example of sound synthesis.

The sound synthesis for a sawtooth signal

The synthesis of a sawtooth signal is similar to the synthesis of a square wave signal. However, the
sawtooth signal is composed of even and odd harmonics and their amplitude corresponds to the quotient
of the harmonics. The 2nd harmonic has an amplitude half the amplitude of the fundamental, the
amplitude of the 3rd harmonic is 1/3, that of the 4th is 1/4, and so on and so forth. Since there is both a
rising and falling form of a sawtooth signal, there are also different formulas.

Sawtooth (falling) U Sawtooth (rising)

U Period Period
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Abbildung9  Arrising and a falling sawtooth signal
The formula for the falling sawtooth signal is.

[ 1 1 1 T
f(t) = Alsin(wt) + isin(Zwt) + §sin(3wt) + Zsin(4wt) +...

The formula for the rising sawtooth signal is as follows, with the even harmonics rotated in phase, i.e.
inverted.

[ 1 1 1 T
f(t) = Alsin(wt) — zsin(Zwt) + §sin(3wt) — Zsin(4wt) +...

The generation pattern for a sawtooth signal is as follows: (n = index of harmonics)




e Harmonic spectrum: all harmonics
e  Amplitude damping: 1/n

Due to the relatively low amplitude attenuation, a lot of harmonics are audible, so that a full sound image
is created. This time | used the Attenuator module 8VERT to adjust the amplitudes with the help of the
ratio. Then the conversion via the ratio-decibel formula is omitted. Let's have a look at the spectrum of
a pure sawtooth signal before. The fundamental frequency of the first oscillator was again set to 100Hz.

Abbildung 10 The section of a sawtooth signal spectrum

It is wonderful to see that all harmonics correspond to the specifications of the formula shown. The patch
is as follows, whereby, as already mentioned, the 8VERT module is now responsible for adjusting the
individual amplitudes. The sliders of the mixer module must remain in the default position of 0dB for
this. We remember: 0dB means no influence (attenuation or amplification) of the signal.
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Abbildung 11 The formation of a sawtooth signal - falling

In the Scope module you can see a waveform that is very close to a sawtooth signal. A little brain teaser:
Which two knobs on the 8VERT module have to be set to which values to turn the falling sawtooth
signal into a rising one?




The sound synthesis for a triangle signal

Let's conclude the additive sound synthesis with the formation of a triangular signal. We have now dealt
with the four basic waveforms - sine, square, sawtooth and triangle. The triangle signal is very close to
the sine signal both sonically and visually. It contains only a few odd harmonics whose volume decreases
exponentially. The measure of the attenuation corresponds in each case to the square of the number of
the harmonics. The formula for this is as follows, where the sign is negative for every second harmonic.

f(t) = Alsin(wt) — 1sir1(3cut) + lsin(Swt) — lsin(7a)1:) +.. ]
9 25 49
The generation pattern for a triangle signal is as follows: (h = index of harmonics)
e  Overtone spectrum: all odd harmonics (every second negative)
e Amplitude damping: 1/n?

Let's have a look at the spectrum of a pure triangle signal before. The fundamental frequency of the first
oscillator was again set to 100Hz.

Abbildung 12 The section of a triangle signal spectrum

Again, it is easy to see that all the harmonics conform to the specifications of the formula shown, but the
amplitude of the harmonics decreases very quickly. The corresponding patch looks like this.
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Abbildung 13  The formation of a triangular signal

In the Scope module, a waveform can be seen that closely resembles a triangular signal. Here again the
8VERT module was used for amplitude attenuation.

The subtractive sound synthesis

In subtractive sound synthesis, the fundamental is generated by a simple waveform that has as many
harmonics as possible, as is the case with a square wave or sawtooth, for example. If a lot of harmonics
are present, it is then very easy to filter out something here and there from the frequency spectrum to
achieve a desired sound result. In subtractive sound synthesis, a sine wave as the fundamental would
make no sense, because there are no harmonics to filter out. Only the amplitude, i.e. the volume, would
be adjusted. Low-pass, high-pass or band-pass filters are used as filters here, to name just a few. Since
harmonics, as the name suggests, are located above a fundamental, the use of a low-pass filter is very
suitable, which filters out more or less high frequencies from the harmonic spectrum with a variable
cutoff frequency. But the sound result, or rather the sound experience, as a current end product would
be something like carved in stone and therefore very static and lifeless. But life has something to do with
movement and for this reason the already mentioned modulation comes into play, as for example an LFO
can do very well with a rhythmic shift of the cutoff frequency.
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Abbildung 14

The subtractive sound synthesis

In this patch you can see that the LFO module modulates the cutoff frequency of the VCF module and
more or less harmonics can be seen in the spectrum analyzer. The sound changes, which can also be seen
in the waveform in the Scope module.

Other sound synthesis

However, additive and subtractive sound synthesis are not the only ways to create sounds. Other
synthesis principles are for example

The wavetable synthesis - Comes up in this chapter

The FM synthesis - Will be discussed in more detail in the FM chapter
Cross-Modulation - Was addressed in the previous Oscillator chapter
Pulse Width Modulation - Was addressed in the previous oscillator chapter
Granular synthesis

Of course there are many more principles, but to list and explain them all would go beyond the scope of
this article and would be too much for the moment. As another example | show the wavetable synthesis,
which is used very often.

The wavetable synthesis

Why is the term waveform table used? What a table is, should be clear to everyone. It is a list-like
compilation of certain information. Since some synthesizers are able to store different waveforms in
order to recall them when needed, very interesting effects can be achieved by this. Of course, it then
makes little sense to always load a single waveform to play it. It only becomes exciting when several
different waveforms are stored in the aforementioned wavetable and these are called up and played one
after the other in a certain way - for example via an LFO or an envelope. This can create a very lively
sound, which is ideal for pads and strings in particular.




What is a pad sound?

A pad sound is a more or less sustained tone or chord produced by a synthesizer to create a kind of
background harmony with a warm character over it. Especially when it comes to generating
atmospheric sounds, such as the strings do in an orchestra, pad sounds are very suitable. With respect
to the envelope and the attack, sustain and release parameters, these are set to allow for a smooth
attack or release, which is achieved via correspondingly high values. This counteracts a strong level
change and enables a smooth surface sound. If a second oscillator is now added, which is slightly out
of tune with the first, a levitation is achieved which further increases the effect. A levitation is an
effect obtained by superimposing two oscillations that differ only very slightly in their frequencies.
This leads to a periodic fluctuation - i.e. an increase or decrease - in amplitude.

A changing waveform can be stored in a wavetable and is then available for recall. The following figure
shows such a wavetable with six waveforms.

Waveform 1 Waveform 2 Waveform 3
Waveform 4 Waveform 5 Waveform 6

Abbildung 15 The waveforms of a wavetable

There is a transition from FIN to SAW to PULSE here. If this wavetable is played, an internal morphing
between the existing waveforms takes place. To experiment with a wavetable module, the Black
Wavetable VCO from EricaSynths is certainly worth a look.
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Abbildung 16 The Black Wavetable VCO from EricaSynths

At the following internet address you can find the modules of EricaSynths as a plugin.

Hyperlink!

https://library.vcvrack.com/EricaCopies

Below are two patches that control the wavetable module. In the first one it is the LFO and in the second
one an ADSR envelope that calls up the wavetables.

The control by the LFO module

If the wavetable module is modulated by an LFO, the stored waveforms are called up cyclically when a
key on the keyboard is pressed.


https://library.vcvrack.com/EricaCopies
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Abbildung 17 An LFO controls the wavetable VCO
The control by the ADSR module

If the wavetable module is modulated by an envelope - when a key on the keyboard is pressed - the
stored waveforms are called up once, but this depends on the set CV level.
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Abbildung 18 An ADSR envelope controls the wavetable VCO

By adjusting various parameters, this should again be experimented with to see and hear what effect this
has.




The VCV-Rack - Hardware
control

What is it all about?

The following topics are discussed in this chapter.

e The control of hardware

e The CV-to-MIDI-Module

e The control of a real synthesizer

e MIDI or USB?

e Recording an audio stream from an external audio interface

e The CV-MIDI-CC-Module

e What are continuous controller signals?

e What is an envelope follower?

e The Follow module from Bogaudio
VCV-Rack is, after all, a software that is self-contained and all modules are virtual in nature. In the
chapter that dealt with MIDI mapping, you could see how external hardware in the form of a MIDI
controller could directly influence certain parameters of modules. Now it would certainly be quite

exciting if it were possible to influence or control connected hardware via VCV-Rack. There are different
approaches in this respect and | would like to start this chapter with one of them.

The CV-to-MIDI module

Now the MIDI-to-CV module has been used several times when it came to making the connected master
keyboard usable as an interface between human and VCV-Rack. But there is also the exact opposite way
in VCV-Rack, which sends MIDI information via a certain module. It is called CV-to-MIDI module.
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Abbildung1  The CV-to-MIDI-Module

But what is it all about? I'm going to have to explain it a little bit. The topic MIDI has already been
discussed a bit more in the MIDI Mapping chapter. Now | would like to expand this a little bit. Since in
amusic studio surely different hardware communicates over the MIDI interface, it is necessary to address
these individual devices in some way unambiguously. In the transferred sense it behaves similarly as in
a network, in which several participants are and with each other and among themselves information
exchange. For this purpose, it is imperative that each participant has a unique address, because otherwise
it is impossible to uniquely identify a particular addressee. The where from and where to must therefore
be clearly defined. The situation is quite similar with MIDI, even if in a somewhat reduced form. The
already mentioned original MIDI standard defined 16 channels. So for the real world this can mean, for
example, a street with 16 buildings, which have house numbers from 1 to 16. If a letter carrier passes by,
he can identify a certain house exactly by these numbers. So each sound generator in the MIDI network
is assigned a unique number called a MIDI channel. A master keyboard is now used to determine which
MIDI channel is to be selected. Each MIDI sound generator that is to be controlled must therefore be
assigned its own channel. However, this does not necessarily have to be unique, because there are also
special cases where several sound generators have the same MIDI address and play simultaneously when
controlled. The so-called MIDI multimode should not play a role here. Let us come to a concrete
scenario.

The control of a real synthesizer

The following example can be done with all kinds of real sound generators and | use my synthesizer
MatrixBrute for it. The VCV rack works in such a mode as a so-called HUB, i.e. as a node to receive,
process and then pass on data.




Abbildung 2

Now | want to control this synthesizer via VCV-Rack. For this, either a MIDI connection or a USB
connection to the computer must be established. The MIDI connection is usually made via the connected

The Synthesizer MatrixBrute

audio interface, which is provided with corresponding MIDI jacks.

Abbildung3  MIDI jacks

But I prefer to use the USB variant, which can also send MIDI signals via the USB protocol. On the

following picture both variants are once clarified.

MIDI-Instrument

MIDI-Instrument

MIDI-Instrument
_ MIDI-Kabel -] EE
MIDI-OUT MIDI-IN
Computer
USB-Kabel
USB to HOST usB

Abbildung 4

Various MIDI connections




After connecting to my computer, the setup of the synthesizer can be opened to set the MIDI channel. |
show this here exemplarily for the MatrixBrute, what however each other synthesizer surely offers in
similar form. You can see that | have set the input channel for MIDI to 7. We then have to set this channel
in VCV-Rack right away.

SELECTION 2] 4% (ol 3

Input MIDI Channel

Lower Part MIDI Channel

Output MIDI Channel

Abbildung5  MIDI-Setup for the MatrixBrute
Now let's take a look at the CV-to-MIDI module.

+ + + +
CV» MIDI CV» MIDI

Windows MIDI

Channel 1
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Abbildung6  The MatrixBrute entry in the CV-to-MIDI module

After the selection the corresponding entry is in the module and this is then configured with the correct
MIDI channel 7. The number 5 behind the device description is only an index, which is used in the list
of recognized devices and has no further meaning.

t t
CV» MIDI

Windows MIDI

MatrixBrute 5

Channel 7

Abbildung 7 The MatrixBrute entry is selected and configured in the CV-to-MIDI module




A first test

A first test, if everything arrives also in the direction of the MatrixBrute regarding MIDI, can be done
via the following two modules.

VCV-Rack-Patch
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Abbildung 8  The patch for testing the MIDI connection to the MatrixBrute

When | play my keyboard now, the MatrixBrute reacts as an external synthesizer and plays the
corresponding notes. However, the sound output is not done in the previous way, because there is no
audio module. The MatrixBrute is connected to the external audio interface and there are so-called
monitor boxes on it. Is this formulated understandably? | think that a block diagram can certainly do that
better.
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Abbildung9  The block diagram for the communication between VCV rack and MatrixBrute

At first glance, it doesn't make much sense to use the master keyboard to control the MatrixBrute, which
has its own keyboard. In the first step | only wanted to demonstrate the communication between the
VCV rack and an external MIDI device.

A second test

Maybe some of you have the wish to somehow get the sounds of the external synthesizer or another
connected MIDI device into the environment of the VCV rack. Haven't we had this scenario before?
That's right, because the REC module did offer the ability to record an audio stream into an audio file.
But after all, the Matrix Brute does not route its audio signals to the computer, but to the audio interface.
But how is it then possible to tap this stream and send it to the REC module so that it can be saved? Since
the external audio interface is also a USB device and connected to the computer! So it is possible to
select this in the Audio 8 module, for example, and then connect the output to the REC module. No
sooner said than done!



VCV-Rack-Patch
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Abbildung 10 The REC module records the audio signal from the MatrixBrute and stores it in the file system

The saved audio file can then be used for a variety of purposes in numerous modules such as WT-VCO
or sampler.

A complex sequencer control

Now the MatrixBrute already has a sequencer and arpeggiator internally, but with this patch I want to
show how such a control can be done via VCV Rack. For this | use again the SEQ-3 module with
downstream quantizer. So far this is nothing new. But | would like to expand the whole thing a bit,
because a hardware synthesizer usually also has so-called MIDI Continuous Controller assignments.
Sounds pompous, but it is quite simple. Until now, the CV-to-MIDI module was used to send specific
MIDI notes via the dedicated MIDI channel. The hardware synthesizer reacted with different tones. But
now there is also the possibility to access and modulate the different parameters of a synthesizer. We
know this from the already known VCV rack modules, where at a VCO the pitch or at a VCF the cutoff
frequency was modulated. Such parameters can also be sent via a certain VCV-Rack module, so that the
hardware synthesizer reacts to them. What follows now is only an example for the Matrix-Brute and can
basically be applied to any other synthesizer. It is only necessary to consult the respective manual. But
let's start with the VCV rack module that holds this functionality. It is called CV-MIDI-CC. So CV
signals are transferred via MIDI into CC signals (continuous controller).
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Abbildung 11 The CV-MIDI-CC-Module

I spare myself the details about the configuration of Device and Channel, because it is the same procedure
as with the CV-to-MIDI module. Decisive here is the lower part, which shows the so-called MIDI-CC
numbers. At the moment these are numbered from top left to bottom right from 0 to 15, but can be
adjusted accordingly with a mouse click. Now to send a CV signal to a selected number, you have to use
the corresponding socket, which is located below the number matrix. For my MatrixBrute there are the
following assignments regarding the VCO-1, just to show a small introduction. The list is somewhat
shortened, but this does not matter.

VCO-1-Parameter MIDI CC Resolution
Fine (Pitch-Finetuning) 65 7-bit
Coarse (Pitch-Tuning) 66 7-bit
Waveform Selection 67 7-bit

etc.

So to adjust the pitch via CC, the MIDI CC number 66 must be sent with a value between 0 and 127.
However, | don't want to influence the VCO in any way, but the master cutoff of the MatrixBrute. Here

is the corresponding parameter.

Filter Parameter

MIDI CC

Resolution

Master Cutoff

27

7-bit/14-bit

So the number 27 is the correct one here, which must be provided with a certain value. The following

patch shows the implementation.
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Abbildung 12 The patch controls the pitch and cutoff of the MatrixBrute

The Enveope follower

Now let's move on to another topic that deals with audio signals coming into VCV Rack from the outside
to do something there. How is it possible to use an audio signal to modulate a certain parameter, for
example? If you take a closer look at an audio signal, you will notice that it looks very diffuse when
displayed in a scope. How should it be possible to pick out a certain value in order to derive a control
signal from it?

Abbildung 13  Any audio signal

In terms of time, the jumps in amplitude are already very hard, so that it would be just as hard here with
a direct conversion to a CV signal. That would not be what you want in the end. There would have to be



a way to ride on top of the peaks, so to speak, without falling into a following valley in each case. Of
course there is a solution for this aspect in the form of a so-called envelope follower.

What is an envelope follower?

An envelope follower is then used to convert the volume curve of an audio signal into a control signal.
The module continuously samples an audio signal and generates a continuous control voltage from
the determined volume curve.

I think it's best to take a closer look at this first on a test patch, which looks like this. The FOLLOW
module from Bogaudio is used here, which can be seen in the following picture. The sensitivity or gain
can be adjusted individually via the rotary controls.

+

DAMP

ouT

FOLLOW
BGA
+

Abbildung 14 The FOLLOW-Module from Bogaudio

It is easy to see that the red curve, which is the output signal of the FOLLOW module, exactly follows
the peaks of the yellow audio signal. This red curve can be used directly as a control signal for
modulating certain parameters.
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Abbildung 15 The envelope follower in use

With the following patch I only give a suggestion to show how the output signal of the envelope follower
can be used to control one or more parameters. In my case the V/OCT of the FM-OP module is influenced
by the connected microphone. The OUT signal of the FOLLOW module also drives the GATE input of
the FM-OP module, which only sends a signal to its output if an audio signal is also present and a certain

level is exceeded. In addition, the ENV button on the FM-OP module is pressed to activate the envelope
control.
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Abbildung 16 The envelope follower controls the pitch of the FM-OP module

This should give a foretaste of what is possible to control or modulate a connected external hardware as
well.



